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METHOD AND SYSTEM FOR COMPUTING
PRE-EQUALIZER COEFFICIENTS

CROSS REFERENCE TO RELATED
APPLICATIONS

This application claims priority from provisional appli-
cation Ser. No. 60/340,246, filed Dec. 18, 2001, which is
incorporated by reference.

FIELD OF THE INVENTION

The present invention relates generally to pre-equalizers,
more particularly, an iterative approach for the computation
of pre-equalizer coefficients.

BACKGROUND OF THE INVENTION

The advent of the Internet and the widespread popularity
of personal computers have created an unprecedented
demand for high bandwidth networks. Generally, Internet
applications, from simple email to real time video confer-
encing, from web surfing to interactive movies, from inter-
active games to virtual TV stations, from online trading to
online gambling, demand a higher bandwidth communica-
tion network. A fundamental challenge for the communica-
tion industry is to provide a reliable and affordable high
bandwidth communication link to all types of Internet users.
Various competing wire-line, wireless, and optical broad-
band technologies are deployed to partially meet the ever-
increasing demand for higher bandwidth. The fastest grow-
ing broadband technology is the Digital Subscriber Line
(DSL) technology, which provides a high bandwidth
always-on connection over standard twisted pair copper
media of the conventional telephone network. Among other
wire-line media, coaxial cables are capable of providing
always-on connections, however, its presence is insignifi-
cant compared to millions and millions of wired telephone
customers who are connected by a twisted pair of copper
wires. Other technologies, such as satellite, wireless, and
optical, either provide limited coverage, limited bandwidth,
or are too expensive for deployment to individual customers.
As a result, DSL technology is uniquely positioned to
provide the broadband link between individual customer
premise and the central office, the so-called last-mile of the
high-bandwidth communication network.

DSL is the fastest growing among emerging broadband
technologies for very good reasons. First of all, DSL utilizes
the existing copper wire network infrastructure. Secondly,
compared to the voice modems, such as V.34 and V.90, used
in most personal computers that provide up to 56 kbps
dial-up connection, DSL provides a high bandwidth always-
on connection with typical connection speeds from 384 kbps
to 6 Mbps. Moreover, DSL is affordable with easy installa-
tion, simple turn-up, and high service reliability. The suc-
cessful deployment of DSL is capable of providing digital
broadband connection to anyone with an analog telephone
line.

DSL services have been standardized over time by
regional organizations such as, American National Standard
Institute (ANSI), European Telecommunication Standard
Institute (ETSI), and by world telecommunication organi-
zation International Telecommunication Union (ITU). These
DSL standards define data communication protocols to
connect customer premise equipment (CPE) to the central
office (CO) and to provide connections to various networks,
such as DSL service providers, virtual private networks
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(VPN), or the Internet. Various forms of digital data (e.g.,
voice, video, and data) can be transported using DSL tech-
nology. For transport of voice, DSL equipment is connected
to the public switched telephone network (PSTN). For
transport of video and data, DSL equipment uses the Internet
via an Internet service provider (ISP). Voice over DSL
(VoDSL) is capable of providing computer-to-computer,
computer-to-telephone, and telephone-to-telephone voice
services using an integrated access device (IAD). Video over
DSL includes transport of MPEG-1 or MPEG-2 files, video
conferencing using Internet Protocol (IP) standard such as
ITU H.323, WebCam, and video mail. In addition, DSL
supports simple data transport, e.g., bearer services, for
virtual private network (VPN), leased data line such as T1
and E1, Point-to-Point Protocol (PPP), Asynchronous trans-
fer mode (ATM), and Internet Protocol (IP).

Like other communication technologies, DSL. has gone
though a major evolution over the last decade and a collec-
tion of technologies, commonly referred to as xDSL, are
developed under the umbrella of DSL. One type of sub-
scriber loop digital transmission technology involves an
integrated services digital network (ISDN), which has
replaced a significant portion of the analog phone lines in
Europe and Japan. ISDN offers integrated voice and data
services and connection speed up to 144 kbps. Due to the
high cost of deployment, an alternative solution called
integrated digital loop carrier (IDLC) has been deployed in
United States. However, resulting data rates were considered
inadequate for individual customers. As a result, advanced
DSL technologies were developed, which include HDSL,
SDSL, ADSL, HDSL2, SHDSL, and VDSL, all of which are
capable of connection speed in excess of 1 Mbps. These
advanced DSL technologies were developed to address
different needs and application demands, while serving
different market segments. For example, SHDSL is a sym-
metric service designed for long reach office applications
with connection speed of 1.5 Mbps, whereas, VDSL is
designed to provide a very high-speed asymmetric service
for a short-range applications.

SHDSL is a wire line Digital Subscriber Line (DSL)
transmission technology that is designed to accommodate
the need for higher data rates in telecommunication access
networks. In particular, SHDSL supports duplex transmis-
sion of symmetric data rates over mixed gauge two-wire
twisted metallic pairs, as described in the International
Telecommunication Union (ITU) standard G.992.1—
“Asymmetric Digital Subscriber Line (ADSL) Transceiv-
ers”, the body of which is incorporated herein by reference.

These and other drawbacks exist with current technolo-
gies.

SUMMARY OF THE INVENTION

Aspects of the present invention overcome the problems
noted above, and realize additional advantages.

According to another aspect of an embodiment of the
present invention, an iterative algorithm for computing
pre-equalizer coefficients is provided. A pre-equalizer is a
non-adaptive filter that precedes an adaptive equalizer filter.
A purpose of the pre-equalizer is to counteract against fixed
components of a communication channel. According to an
embodiment of the present invention, the algorithm may be
used to compute the pre-equalizer coefficients where the
algorithm implements an optimization criterion defined as a
worst case mean square error minimization.

According to an embodiment of the present invention, an
algorithm for computing static pre-equalizer coeflicients,
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comprises the steps of determining a length of algorithm
iterations; calculating a feedforward coefficient vector asso-
ciated with a feedforward equalizer; calculating a pre-
equalizer coefficient vector associated with a pre-equalizer
filter; and performing the steps of calculating for the length
of the algorithm iterations; wherein a mean square of an
error between an output sequence and a transmitted digital
input sequence is minimized.

In accordance with additional aspects of this exemplary
embodiment, the feedforward equalizer is adaptive; the
pre-equalizer filter is non-adaptive; the pre-equalizer coef-
ficient vector comprises even-indexed pre-equalizer filter
coefficients {p, ;, 1e{0, ..., Np-1}} where p, /p,;1e {0, .. .,
N,-1} where N, represents half a pre-equalizer length; the
pre-equalizer coeflicient vector comprises odd-indexed pre-
equalizer filter coefficients {p, , le{0, . . ., N,-1}} where
Pos Do 1€{0, . . ., Np—1}; the feedforward coefficient
vector comprises even feedforward filter coefficients in the
i” test case, where f, ,O=1,,” ke{0, . . ., Np—1} where N,
represents half a feedforward equalizer length; the feedfor-
ward coefficient vector comprises odd feedforward filter
coefficients in the i” test case, where £, “=f,;,, P ke{0, .. .,
N.~1}; the step of calculating a feedforward coeflicient
vector further comprises calculating a convolution matrix
for a noise shaping filter; the pre-equalizer filter increases an
effective equalizer length without increasing a number of
taps to be trained; the pre-equalizer filter receives an input
sequence comprising a combination of a noise sequence
from a noise shaping filter and an output of a channel; the
channel models a linear distortion; the channel models a
linear time invariant filter; the input sequence is received at
an upsampling block for generating an upsampled signal; the
upsampled signal is received by a channel for generating a
channel output and wherein the channel output is combined
with a noise sequence for being received by the pre-equal-
izer filter; the output sequence is produced by a feedback
equalizer; the feedback equalizer filter is adaptive; the
feedback equalizer filter processes at least one previous
decision generated by a decision unit; and the output
sequence is generated in part by a downsampled output of
the feedforward equalizer.

The accompanying drawings, which are incorporated in
and constitute a part of this specification, illustrate various
embodiments of the invention and, together with the
description, serve to explain the principles of the invention.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention can be understood more completely
by reading the following Detailed Description of the Inven-
tion, in conjunction with the accompanying drawings, in
which:

FIG. 1a is a table illustrating enhanced data rates of
RE-SHDSL as a function of number of data bits per symbol,
according to an embodiment of the present invention.

FIG. 154 is a table illustrating a mapper definition, accord-
ing to an embodiment of an aspect of the present invention.

FIG. 1c is a table illustrating a mapper definition, accord-
ing to an embodiment of an aspect of the present invention.

FIG. 2 illustrates a block diagram of TCM encoder for
RE-G.SHDSL, according to an embodiment of an aspect of
the present invention.

FIG. 3 illustrates a setup for fractionally spaced DFE with
pre-equalizer, according to an embodiment of the present
invention.

FIG. 4 illustrates a pre-equalizer design test case, accord-
ing to an embodiment of the present invention.
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FIG. 5 is a flowchart illustrating of an algorithm for
determining pre-equalizer coefficients, according to an
embodiment of the present invention.

FIG. 6 is a diagram of a receiver sigma-delta block,
according to an embodiment of the present invention.

FIG. 7 is a diagram of a digital sigma-delta block,
according to an embodiment of the present invention.

FIG. 8 is a diagram of a combiner structure, according to
an embodiment of the present invention.

FIG. 9 is a diagram of a digital sigma-delta block with
multiple decimation stages, according to an embodiment of
the present invention.

FIG. 10 is a diagram of a first decimator stage with a sinc
filter, according to an embodiment of the present invention.

FIG. 11 is a diagram of a combiner-sinc filter, according
to an embodiment of the present invention.

FIG. 12 is a diagram of a polyphase combiner-sinc filter,
according to an embodiment of the present invention.

FIG. 13 is the flowchart of an efficient bit loading algo-
rithm, according to an embodiment of the present invention.

FIG. 14 illustrates a table of number of bits and required
power levels for incorporation into the bit loading algorithm,
according to an embodiment of the present invention.

FIG. 15 is a flowchart illustrating PC-IPAM, according to
an embodiment of the present invention.

FIG. 16 illustrates an example of an output of PC-IPAM,
according to an embodiment of the present invention.

FIG. 17 is a flowchart illustrating WF-IPAM, according to
an embodiment of the present invention.

FIG. 18 is a flowchart illustrating PC-GSM, according to
an embodiment of the present invention.

FIG. 19 illustrates an example of an output of GSM,
according to an embodiment of the present invention.

FIG. 20 is a schematic diagram of a hardware architecture
in which the inventive aspects of the present invention may
be incorporated.

FIG. 21 is a block diagram illustrating details of SNR
margin, according to an embodiment of the present inven-
tion.

FIG. 22 illustrates a flowchart describing hardware algo-
rithm for SNR margin, according to an embodiment of the
present invention.

FIG. 23 is a schematic diagram of a hardware architecture
in which the inventive aspects of the present invention may
be incorporated.

DETAILED DESCRIPTION OF THE
INVENTION

The following description is intended to convey a thor-
ough understanding of the invention by providing a number
of specific embodiments and details involving compliancy
testing applications. It is understood, however, that the
invention is not limited to these specific embodiments and
details, which are exemplary only. It is further understood
that one possessing ordinary skill in the art, in light of known
systems and methods, would appreciate the use of the
invention for its intended purposes and benefits in any
number of alternative embodiments, depending upon spe-
cific design and other needs.

The International Telecommunications Union (ITU) has
adopted a standard for Single-pair High-speed Digital Sub-
scriber Line (SHDSL) technology to address the need for
higher data rates in telecommunication access networks. The
ITU recommendations for SHDSL (e.g., G.992. 1) mandate
the support of a wide range of data rates from 192 kilo bits
per second (kbps) to 2.312 mega bits per second (Mbps).
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There are applications, such as MDU/MTU, Ethernet and
others, that may require or at least prefer a data rate beyond
2.312 Mbps. According to an aspect of an embodiment of the
present invention, an efficient, easy to implement, and
flexible method and system for increasing the data rate of the
existing SHDSL transceivers is provided. The Rate-En-
hanced (RE)-SHDSL of an embodiment of the present
invention satisfies spectral compatibility requirements and is
further transparent to other applications.

The RE-SHDSL of an embodiment of the present inven-
tion supports a variety of functions. RE-SHDSL is an
efficient and easy to implement approach to increase the data
rate of an existing SHDSL transceiver. Rate enhancement
may be achieved by increasing the number of data bits per
symbol thereby increasing signal constellations. The effec-
tive use of larger constellations is one difference between
RE-SHDSL and SHDSL. The RE-SHDSL achieves a higher
data rate without requiring additional transmit bandwidth or
transmit power. The rate enhancement achieved by RE-
SHDSL of an embodiment of the present invention is
flexible compared to a four wire approach specified in the
standard. As in SHDSL, RE-SHDSL may support a single
pair wires. RE-SHDSL uses the same (or substantially
similar) set of transmit masks as specified in SHDSL stan-
dard. As a result, there is no need for additional transmit
masks. RE-SHDSL is compatible with four wire operations
and may be used in a four wire mode (or other mode) to
achieve an additional doubling of data rate. RE-SHDSL may
be used for both region specific Annexes A and B of the [TU
standard G.992.1 for SHDSL as well as other standards.

The RE-SHDSL system of an embodiment of the present
invention does not require an additional pair of wires and
provides a more flexible rate enhancement. Features of
RE-SHDSL system include spectral compliance and trans-
parency for successful deployment of any DSL as well as
other technology. In other words, RE-SHDSL is fully com-
pliant to spectral management requirements where the
enhancements are transparent to other services deployed in
the same binder, e.g., to any other service RE-SHDSL
appears substantially the same as SHDSL. As a result,
deployment of RE-SHDSL does not create additional
crosstalk for other applications.

As specified in the ITU standard G.991.2, SHDSL trans-
ceivers may include a precoded system with Trellis Coded
Pulse Amplitude Modulation (TC-PAM) line code. In par-
ticular, an encoder may be used to convert 3 data bits into 4
coded bits. The coded 4 bits may be converted into a symbol
using a 16-PAM constellation mapper. For every 3 data bits,
the SHDSL transceiver generates one symbol with a symbol
rate R, which is one-third of the data rate R ;, e.g., R =R /3.
The symbol rate is a system parameter that dictates the
transmission bandwidth. Generally, the higher the symbol
rate, the larger the required bandwidth. Hence, if the con-
stellation size is fixed, a larger bandwidth may be used to
support higher data rates. However, such an approach would
violate spectral compatibility and would not be transparent
to other applications.

In contrast to the SHDSL system where 3 data bits are
used to form a symbol, RE-SHDSL of an embodiment of the
present invention uses more then 3 data bits per symbol. The
data rate may be increased by increasing a constellation size
and allocating more bits per symbol while keeping the
symbol rate fixed. Moreover, to simplify the transceiver
design, the encoding scheme as described in SHDSL may be
used with the exception that the number of uncoded bits are
increased. An advantage of this approach is that there is no
need to change signal processing blocks following the
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mapper. In other words, the change in number of bits per
symbol and the consequent change in constellation size do
not effect the signal processing operations that follow the
mapper. In particular, the transmit filter and the transmit
Power Spectral Density (PSD) remain identical (or substan-
tially similar) to that of SHDSL.

With that in mind, M (>3) may represent the number of
data bits used per symbol for RE-SHDSL, where the
enhanced data rate R_, is given by

where R, represents the original data rate for SHDSL. Since
M is larger than 3, the enhanced date rate R, is larger than
the original data rate R ;. The SHDSL system is capable of
supporting data rates from 192 kbps up to 2.312 Mbps with
an 8 kbps increment. For every supported data rate, there is
a specific transmit mask defined in the standard G.992.1.
The RE-SHDSL of an embodiment of the present invention
uses the transmit mask corresponding to the particular
SHDSL data rate from the specifications. As a result, RE-
SHDSL is automatically spectrally compliant and transpar-
ent to other applications.

Typical exemplary values of M along with the corre-
sponding enhanced date rates are shown in FIG. 1a. FIG. 1a
is a table illustrating enhanced data rates of RE-SHDSL as
a function of number of data bits per symbol according to an
embodiment of the present invention. Column 110 provides
a system type; column 112 provides data bits per symbol;
column 114 provides coded bits per symbol; column 116
provides constellation size; column 118 provides data rate
with 1.5 Mb PSD; column 120 provides data rate with 2.0
Mb PSD; and column 122 provides data rate with 2.312 Mb
PSD. As shown in FIG. 1a, when M=4, a data rate of 3.08
Mbps may be achieved by implementing a constellation size
0f'32-PAM. The RE-SHDSL approach of an embodiment of
the present invention is applicable to region specific
Annexes A and B of the ITU standard G.992.1 for SHDSL,
as well as other standards.

The frame structure of RE-SHDSL incorporates a payload
size that is larger than that of SHDSL. In SHDSL standard,
each payload block is defined as k bits long, where k=12
(1+8n) bits, and the corresponding payload rate is given by
64n+8i kbps. The parameters n and i are two integer defined
by 3=n=36 and 0=i=7. For example, for n=36 and i=1, a
payload rate is equal to 2.312 Mbps. For RE-SHDSL,, the
value of'n is larger than 36. The exact range of n depends on
the vale of M and is given by 3=n=12M. For M=6 or
double rate applications, the range of values for n is
3=n=72.

FIG. 2 is a diagram of a Trellis Coded Modulation (TCM)
Encoder, according to an embodiment of the present inven-
tion. For RE-SHDSL, more than 3 data bits are used to form
a symbol y(m), as shown in FIG. 2. In this case, each M (>3)
serial data bits, {d(n), d(n+1), d(n+2), . . ., d(n+M-1)} may
be converted by converter 210 to an M bit parallel word
{s;(m), s,(m), s;(m), . . . , s,(m)}. The first bit s;(m) may
be encoded using a convolutional encoder 220, such as a half
rate convolutional encoder, to generate two encoded bits
x;(m) and x,(m). The other M-1 bits s,(m), s;(m), . . .,
s,(m) may be essentially untouched and renamed x;(m),
X,(m), . . ., X, ,(m), as follows:
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s2(m) —  x3(m)
s3(m) —  x4(m)
sy (m) .. Xyer(m).

The M+1 bits {x;(m), x,(m), x5(m), x,(m) . . . X, ,(m)}
may then be used to form a symbol using a 2**'-PAM
constellation 230. Symbol to bit error may be minimized
(e.g., by a Gray Code or other code) to simplify the decoder
design where the bit labeled x,(m) represents a Least
Significant Bit (LSB) and x,,, ,(m) represents a Most Sig-
nificant Bit (MSB). Using the Gray (or other) code, the M+1
output bits may be mapped to 2*'-PAM as described
below. As K=2**!, the K normalized constellation points
may be defined as

_ @p-K+D
the p-th point= —x p=0,....,K-1,
where

M+l

represents a decimal representation of the M+1 bits, where
x, is the LSB. In other words, the M+1 bits X;, X,, . . . , X371
are mapped to the p-th normalized constellation point, e.g.,

Qp-K+1)

=0,...,K-1
% p

X1s X25 wee 5 XMl ™

For example, if M=7, K=128 and the normalized 128
constellation points are represented as:

2p-127)
128

p=0,...,128.

For a fixed point implementation, the normalized constel-
lation points may be represented using B binary bits in 2’s
complement form. The number of bits B may be larger than
M+1 where the extra bits B-M-1 may determine the pre-
cision available for soft decision on the decoder and the
overall performance of the Trellis Coded Modulation (TCM)
scheme. For example, at least 8 extra bits may be provided
for soft decision, e.g., BZM4+9.

An exemplary listing of 128-PAM points are shown in
FIGS. 15 and 1c. FIG. 15 illustrates mapper definition for
M=6 and a 128 PAM scenario. Column 130 indicates
mapper-in, column 132 indicates output level; column 134
indicates output (HEX), column 136 indicates mapper-in;
column 138 indicates output level and column 140 indicates
output (HEX). FIG. 1c¢ illustrates additional information for
the M=6 and a 128 PAM scenario. Column 150 indicates
mapper-in, column 152 indicates output level; column 154
indicates output (HEX), column 156 indicates mapper-in;
column 158 indicates output level and column 160 indicates
output (HEX). The binary representation of the output of the
mapper may be given with B=16.
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As mentioned above, there is generally no other signal
processing requirement to support the larger constellation
for RE-SHDSL of an embodiment of the present invention.
In other words, following the mapper of FIG. 2 the signal
processing for the RE-SHDSL is identical (or substantially
similar) to that of the SHDSL. Hence, most or all the blocks
that follow the TCM-mapper remain unchanged. In particu-
lar, the precoder, transmit filter, and analog front end do not
require modification.

The ITU standard for SHDSL specifies transmit power
spectral densities, e.g., transmit masks, for every supported
rate from 192 kbps to 2.312 Mbps with 8 kbps increment.
According to an embodiment of the present invention, the
RE-SHDSL transmit signal uses one of the masks defined in
SHDSL standard. The selection process for a transmit mask
involves using an appropriate transmit mask corresponding
to the SHDSL rate R ;. The enhanced data rate R, is defined
as (M/3)R,, where R is the original SHDSL rate and M is
number of data bits per symbol. For each M, every enhanced
data rate R, corresponds to a SHDSL data rate R, and
hence, a specific transmit mask. For an enhanced data rate
R, an embodiment of the present invention uses a transmit
mask corresponding to the SHDSL rate R, thereby elimi-
nating a need for any new transmit masks and guarantees
spectral compatibility and transparency to other users.

According to another embodiment of the present inven-
tion, the RE-SHDSL receiver may include a deframer and a
Trellis decoder. The deframer may provide added capacity
for handling enhanced data rates. The Trellis decoder may be
redesigned to handle a constellation size higher than
16-PAM. Additional bits added to the RE-SHDSL may be
uncoded bits, which do not effect the convolutional coding.
As a result, it is possible to design the Trellis decoder to
accommodate higher constellations with minimal change. In
addition, the Gray code used in the mapper definition may
simplify the decoder design for higher constellations. One
such implementation may include a situation where the
major blocks of the decoder remain substantially same with
minor changes to the input and output stages. Using such an
implementation of the Trellis decoder, a SHDSL receiver
may be modified to handle RE-SHDSL with minimal rede-
sign effort.

For practical implementations, the constellation size can-
not be increased without limit, e.g., the value of M cannot be
too larger. Generally, for every additional bit, the signal to
noise ratio (SNR) required at the receiver may increase by
approximately 6 dB. For example, with M=6 the required
SNR is about 43.5 dB as opposed to the 27.5 dB required for
SHDSL.

Various modifications may be implemented for a standard
SHDSL transceiver to incorporate RE-SHDSL functionality.
RE-SHDSL frame structure has the ability to handle a higher
payload rate or larger payload blocks. In particular, the
maximum allowed value for the parameter n, that deter-
mines the payload rate and the payload block size, is 12M
instead of 36 as specified in SHDSL. Note that M (>3) is the
number of bits per symbol for the RE-SHDSL system.

The TCM-encoder may accommodate a larger number of
uncoded bits as shown in FIG. 2. This effects the serial to
parallel converter 210 and the mapper block 230 within the
TCM-encoder. The Trellis decoder block in the receiver may
accommodate higher size constellations. As pointed out,
there are efficient implementations available that require
minimal changes to the decoder block. In the exemplary case
where M=4, a 4-bit serial to parallel converter and a 16-PAM
mapper may be implemented where d(n) may be converted
into a 4 bit word, which may include s,(m), s,(m), s;(m) and
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s,(m). Convolutional encoder 220 may receive first bit s, (m)
and generate two bits x,(m) and x,(m). The 16-PAM mapper
230 may receive X,(m), X,(m), x;(m), x,(m) and x5(m) to
generate y(m).

RE-SHDSL of an embodiment of the present invention is
an efficient and easy to implement approach for increasing
the data rate of existing SHDSL transceivers. The rate
enhancement may be achieved by increasing the number of
data bits per symbol (M>3). Generally, the SHDSL standard
specifies the use of 3 bits per symbol and 16-PAM constel-
lation. In contrast, 4 or more bits per symbol and constel-
lation size larger than 16-PAM are used in RE-SHDSL of an
embodiment of the present invention. In addition, an
embodiment of the present invention provides a method for
effective use of larger constellations.

The RE-SHDSL of an embodiment of the present inven-
tion achieves a higher data rate without requiring any
additional transmit bandwidth or transmit power. The rate
enhancement achieved by RE-SHDSL of an embodiment of
the present invention is flexible compared to the standard
specified four wire approach. The rate enhancement may
depend in part on the number of bits per symbol M. As in
SHDSL, RE-SHDSL of an embodiment of the present
invention may use a single pair of wire, at a minimum.
RE-SHDSL uses the same (or substantially similar) set of
transmit masks as specified in SHDSL standard. As a result,
there is no need for additional transmit masks. RE-SHDSL
satisfies spectral compatibility requirements and is transpar-
ent to other applications. Deployment of RE-SHDSL does
not create additional crosstalk to other services. RE-SHDSL
is further compatible with four wire operations as well as
other modes. For example, RE-SHDSL may be used in a
four wire mode to achieve an additional doubling of data
rate. RE-SHDSL may be used for both region specific
Annexes A and B of the ITU standard G.992.1 for SHDSL,
as well as other standards.

According to another aspect of the present invention, an
efficient iterative algorithm for the computation of pre-
equalizer coefficients is provided. A pre-equalizer is a non-
adaptive filter that precedes the adaptive equalizer filter. The
pre-equalizer serves to counteract against fixed components
of a communication channel. An algorithm of an embodi-
ment of the present invention may be used to compute
pre-equalizer coeflicients in an optimal manner based on a
worst case mean square error minimization.

A pre-equalizer may be considered a non-adaptive com-
ponent of an overall equalizer structure. Linear distortion to
be corrected by the equalization process may be partly
caused by known transmit filter characteristics. This results
in a common component for different channel scenarios
where the use of a pre-equalizer block basically targets to
exploit this fact. Viewing the functioning of a feedforward
filter as a combination of signal to noise ratio (SNR)
improvement through matched filtering and post-cursor inter
symbol interference (ISI) correction motivates the use of a
pre-equalizer to match the stationary component of the
channel. This provides a greater degree of freedom for the
feedforward equalizer to handle ISI.

A pre-equalizer block increases an effective equalizer
length without increasing the number of taps to be trained.
This provides potentially longer loops as the need for a
longer equalizer increases with the increasing impulse
response length of longer loops.

An increased equalizer length also improves SNR perfor-
mance in noise cases by enhancing the ability to increase
noise rejection and ISI compensation. This property is
especially beneficial for cases where the SNR gap between
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an infinite length Decision Feedback Equalizer (DFE) and a
finite impulse response (FIR) DFE equalizer is considerably
large. Even in the cases where this gap is small, use of a
pre-equalizer may provide enhanced whitening of an error
spectrum and therefore an improved Bit Error Rate (BER)
performance.

The use of a pre-equalizer may also increase the speed and
performance of equalizer training, in particular, a blind
section, by providing a pre-processing of the signal input to
the equalizer.

An embodiment of the present invention is directed to
providing an algorithm for computing pre-equalizer coeffi-
cients. FIG. 3 illustrates an overall equalization model for a
fractionally spaced Decision Feedback Equalizer (DFE)
with an oversampling factor M that employs a pre-equalizer
filter, according to an embodiment of the present invention.

Signal x, represents a transmitted digital input sequence
that is received by upsampling block 310. Signal x, is
upsampled by a factor M at 310, where upsampling may
involve the insertion of M-1 zeros in between the samples
of signal x,. Other methods of upsampling may also be
implemented. The upsampled signal is received by channel
312. Channel 312 models an overall linear distortion caused
by a combination of a transmit filter, communication
medium and/or a receive filter. Channel 312 may be modeled
by a linear time invariant filter with coefficients h,. An output
of channel 312 may be corrupted by a noise sequence n,
where n, is formed by passing a white noise sequence v,
through a noise shaping filter 314 with an impulse response
8r

Signal y, is an input sequence received by pre-equalizer
316 which may include a combination of an output of
channel 312 and noise sequence n,. The pre-equalizer 316
and decision feedback equalizer, which may include com-
ponents such as feed-forward equalizer 318 and feedback
equalizer 322, process signal y, to counteract against the
effects of channel and noise.

Signal y, is first processed by a pre-equalizer filter 316
with impulse response{p,; ke{0, . . ., 2N,~1}} where the
pre-equalizer filter may be non-adaptive. The output of the
pre-equalizer filter 316 is further filtered by a feed-forward
equalizer 318 with coefficients {f,; ke{0, . . ., 2N~1}}
where the feed-forward equalizer may be adaptive and then
downsampled by a factor M by downsampling block 320.
Downsampling may involve selecting one sample out of M
consecutive samples.

The output of the downsampling unit 320 may be com-
bined with an output of a feedback equalizer 322 to produce
output sequence z, where the feedback equalizer 322 may be
adaptive. The feedback equalizer processes the previous
decisions where the feedback equalizer has coeflicients {b,;
ke{0, ..., Nz-1}}. Finally, the decision unit 324 uses 7, to
produce final decisions d,.

According to an embodiment of the present invention, the
algorithm performs the computation of the pre-equalizer
coeflicients for the structure, such as one illustrated in FIG.
3 where M=2. As shown in FIG. 4, there may exist N test
cases with corresponding channel impulse responses 412
(b 1ef0, ... ,N~1},i€{0, . . ., N} }) and noise shaping
filters 414 ({g,%; ke{0, .. ., Ng-1},i€{0, . .. ,Ng—1}}) that
may be targeted to optimize the pre-equalizer coeflicients.
As shown in FIG. 4, pre-equalizer coeflicients 416 {p,} are
kept fixed while the adaptive feedforward filter coefficients
418 {£, ¥} and the adaptive feedback equalizer coefficients
422 {b,} may be different for each test case.

An embodiment of the present invention provides an
algorithm for computing static pre-equalizer coeflicients and
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minimizing the maximum value of the mean square of the
error between z, and x, over a range of possible test cases.

Algorithm parameters may include predetermined con-
stants independent of the data to be used in the algorithm.
The following values may be adjusted to achieve different
levels of performance.

Np: Half Pre-equalizer Length.

Ng: Half Feedforward Equalizer Length.
Ng: Feedback Equalizer Length.

N Number of algorithm iterations.
Ne: Half Channel Length.

N Number of test cases.

o Transmit signal power.

Ng: The length of noise shaping filter.

{g,9,1€{0, . .., Ns—1}}: The impulse response of a noise
shaping filter for the i” test case.

{h,,1e{0, . . ., 2N ~1}}: The channel impulse response
for the i”* test case.

{h,?. 1e{0, . . ., No-1}}: The even-indexed samples of
a channel impulse response for the i test case, where

o f=hy 1e{0, ..., No-1}
{h,,”, 1e{0, . .., No-1}}: The odd-indexed samples of
a channel impulse response for the i test case, where
ho,l(i):h2l+l(i) {0, ..., N1}

The following provides descriptions of variables that may
be used in an algorithm of an embodiment of the present
invention.

{p» 1€{0, . . ., 2N,-1}}: The pre-equalizer filter coeffi-
cients.

{p.»» 1€{0, . .., Np—1}}: The even-indexed pre-equalizer
filter coefficients, where

Pes P2 10, . . .,

{p,» 1e{0, . . ., N—-1}}: The odd-indexed pre-equalizer
filter coefficients, where

Por=Port {0, ...,

p:(2Nx1) pre-equalizer coeflicient vector:

PoNp-1

{£.9, ke{0, .. ., 2N.-1}}: Feedforward filter coefficients
in the i” test case.
{£..7, ke{0, . . ., Np-1}}: Bven feedforward filter
coeficients in the i test case, where
fek(i):fzk(i) ke{0, ...,

{£,.9. ke{0, . . ., Np-1}}: Odd feedforward filter
coefficients in the i test case.
fo,k(i):fzku(i) kﬁ{O, B er}

f: Feedforward coeflicient vector in the i test case:
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f(i) —

{b,%, ke{0, ..., Ny=1}}: Feedback coefficients in the i”*
test case.
b(i): Feedback coefficient vector:

(i)
by
e
pir=| Tt

(i)
bivg-1

L,®: scalar, length variable.

L,®: scalar, length variable.

L,®: scalar, length variable.

L, @: (dP4+L,P+1x1) Vector, intermediate variable.

QY (NZ+L,—dxN,xN,) Matrix, intermediate vari-
able.

C, P (Np+ N xN+N+N ~1) Matrix, odd channel con-
volution matrix.

C, 91 (N 4+N,~1xN+N_+N.-2) Matrix, even channel
convolution matrix.

CD: (N +2N,-1xL,?) Matrix, intermediate variable.

q®: (1x2N+N,N,) Vector, intermediate variable.

ZD: (2Np+NZN,x2N+NgN,) Matrix, intermediate vari-
able.

AD: (N NG+2NIx(N,N_+2N,)) Matrix, intermediate
variable.

t: scalar, intermediate search variable used in optimization
algorithm.

GY: (Np+Np—1xN+N+N_.-2) Matrix, convolution
matrix for the noise shaping filter.

M®: (N, ,“) Matrix, intermediate variable.

H,@: (N4N,~1)xN 4N +N_~2) Matrix, odd channel
convolution matrix.

H,®: (Ng4N,—1)xN+N_+N_~2) Matrix, even channel
convolution matrix.

H®: (N 4N ~1xL,?) Matrix, intermediate variable.

P,: (NgXN+N,-1) Matrix, odd pre-equalizer convolu-
tion matrix.

P,: (NaxN+N,-1) Matrix, even pre-equalizer convolu-
tion matrix.

P: (Ngx2N+2N,~-1) Matrix, intermediate variable.

P,: (Nzx2N+2N~-1) Matrix, intermediate variable.

P: 2Ngx2N+2N~1) Matrix, intermediate variable.

Rs,'x,_ .+ (2N +Nzx1) Matrix, cross correlation vector.

Rs,': (2N +N,x2N +N,) Matrix, covariance matrix.

FIG. 5 illustrates a flowchart of an algorithm for deter-
mining pre-equalizer coefficients, according to an embodi-
ment of the present invention. At step 510, iteration may be
initialized to a predetermined value, such as 0. At step 512,
Algorithm-I described below may be applied to obtain £ for
all i=1, .. ., N,. At step 514, Algorithm-II described below






